Elderly listeners have been shown to experience greater difficulty with speech understanding than young listeners. The greater difficulty with speech understanding in elderly listeners has been attributed, primarily, to their typical highfrequency sensorineural hearing impairment. However, not all of the observed difficulty can be accounted for by hearing thresholds, leaving the likelihood of additional suprathreshold processing deficits. This study investigates speech understanding in older people and the relative contributions of hearing threshold and age to speech understanding. Considering that temporal processing is thought to affect speech understanding, the study also assesses the contributions of hearing loss and age to modulation-preservation performance. Finally, individual differences in hearing loss, age, and modulation-preservation performance are examined to see if they are closely associated with individual differences in speech-recognition ability, especially among older listeners. The results of the study suggest that hearing loss is closely tied to both speech-recognition performance and to measures of modulation preservation. Although some of the analyses at first indicated an effect of age, it was shown that this could be attributed in part to slight elevations in hearing threshold. Finally, it was shown that individual differences in hearing loss and measures of modulation preservation and processing efficiency in noise are associated with speech-recognition performance and that, given these measures, speech recognition can be predicted quite accurately. I t is clear that elderly listeners experience greater difficulty with speech understanding than do young listeners (CHABA, 1988). Although this is true even in quiet, older listeners display a disproportionate loss in speech-recognition ability in comparison to young listeners when in a noisy or reverberant environment. In examining potential causes for this greater difficulty in noise or reverberation, at least three possible explanations have been suggested (CHABA, 1988; Humes, Coughlin, & Talley, 1996) . First, it has been hypothesized that the peripheral auditory system undergoes changes that result in both a loss of sensitivity (elevated hearing thresholds) and suprathreshold distortion (deficits in temporal and/or spectral processing). Second, it has been suggested that the central auditory nervous system is in some way impaired. The third hypothesis asserts that the cognitive ability of the listener is reduced with age, regardless of the sensory channel. Of course, combinations of these mechanisms are also possible.
I
t is clear that elderly listeners experience greater difficulty with speech understanding than do young listeners (CHABA, 1988) . Although this is true even in quiet, older listeners display a disproportionate loss in speech-recognition ability in comparison to young listeners when in a noisy or reverberant environment. In examining potential causes for this greater difficulty in noise or reverberation, at least three possible explanations have been suggested (CHABA, 1988; Humes, Coughlin, & Talley, 1996) . First, it has been hypothesized that the peripheral auditory system undergoes changes that result in both a loss of sensitivity (elevated hearing thresholds) and suprathreshold distortion (deficits in temporal and/or spectral processing). Second, it has been suggested that the central auditory nervous system is in some way impaired. The third hypothesis asserts that the cognitive ability of the listener is reduced with age, regardless of the sensory channel. Of course, combinations of these mechanisms are also possible.
The question as to the source of the greater speechrecognition difficulty experienced by older people-peripheral, central, or cognitive-is not an easy one to answer. Humes, Watson, Christensen, Cokely, Halling, and Lee (1994) compared the performance of 50 listeners who were elderly, between the ages of 63 and 83 years, on a number of speech-recognition, auditory processing, and cognitive tasks. Their results showed that hearing loss emerged as the single largest contributor to difficulties in speech understanding, accounting for 70-75% of the total variance in speech-recognition performance. Auditory processing and cognitive function accounted for little or no additional variance. Other studies as well have supported this finding regarding the importance of audibility for speech understanding among elderly listeners (Divenyi & Haupt, 1997a , 1997b , 1997c Helfer & Wilber, 1990; Humes & Christopherson, 1991; Humes & Roberts, 1990; Jerger, Jerger, & Pirozzolo, 1991; Souza & Turner, 1994; van Rooij & Plomp, 1990 van Rooij, Plomp, & Orlebeke, 1989) . Still, audibility alone probably does not account for all of their difficulty, especially when speech is degraded temporally or with noise (Gordon-Salant & Fitzgibbons, 1993 . Some have shown that additional suprathreshold deficits in spectral or temporal resolution are tied to hearing impairment of sensorineural origin (Fitzgibbons & Wightman, 1982; Tyler, Summerfield, Wood, & Fernandes, 1982; Wightman, McGee, & Kramer, 1977) . Others argue that these suprathreshold deficits, although observable, are often the direct consequence of the elevated hearing thresholds (Dubno & Schaefer, 1992; Humes, Espinosa-Varas, & Watson, 1988) . When dealing with elderly listeners, the problem has been in determining whether these deficits are the result of reduced audibility (elevated thresholds) or of the aging process itself (Sommers & Humes, 1993) .
It is likely that a deficit in temporal processing may have an impact upon speech understanding, especially for temporally distorted speech. Speech manifests itself as a rapidly time-varying signal, and the listener's ability to follow the peaks and troughs of this time-varying signal may be critical for accurate speech recognition. It has been demonstrated that the intelligibility of speech can be predicted quite accurately simply by examining the temporal fluctuations of the speech signal as it reaches the listener (Houtgast & Steeneken, 1971 , 1985 . In addition, cues provided by the temporal envelope of the speech signal alone carry information that can be used to identify the speech signal (Horii, House, & Hughes, 1971; Shannon, Zeng, Kamath, Wygonski, & Ekelid, 1995; Souza & Turner, 1996; Turner, Souza, & Forget, 1995; Van Tasell, Soli, Kirby, & Widin, 1987; Van Tasell & Trine, 1996) .
Temporal processing has been evaluated for listeners who were young or elderly, with normal hearing or hearing impairment, by way of numerous experimental paradigms. The most frequently employed of these have measured temporal integration or summation (Florentine, Fastl, & Buus, 1988; Pederson & Elberling, 1973) , forward and backward masking (Cobb, Jacobson, Newman, Kretschmer, & Donnelly, 1993; Nelson & Pavlov, 1989) , gap detection (Grose, Eddins, & Hall, 1989; Moore, Peters, & Glasberg, 1992) , and modulation detection (Bacon & Viemeister, 1985; Formby, 1982) . In general, the results have indicated poorer temporal processing in impaired ears (than in normal ears) and in old ears (than in young ears). The results of attempts to separate the effects of age and hearing impairment have been mixed. One recent series of experiments has shown a particularly strong effect of age on measures of temporal processing (particularly duration discrimination) and suggested that the age effect is greatest for complex stimuli (Fitzgibbons & GordonSalant, 1994 , 1998 Gordon-Salant & Fitzgibbons, 1999; Phillips, Gordon-Salant, Fitzgibbons, & Yeni-Komshian, 1994 ).
This study investigates speech understanding in elderly listeners and the relative contributions of hearing threshold and age to speech understanding. Because temporal processing is thought to affect speech understanding, the study also assesses the contributions of hearing loss and age to a measure of temporal processing. Finally, individual differences in hearing loss, age, and temporal processing are examined to see if they are closely associated with individual differences in speechrecognition ability, especially among elderly listeners.
The measure of temporal processing used in this study is obtained from a Modulation Transfer Function (MTF) and is described by Scott and Humes (1990) . The difference between a threshold in the presence of unmodulated noise and one in the presence of modulated noise represents how effectively a system "preserves" the modulations in intensity-modulated noise. Thus, the term modulation preservation introduced by Scott and Humes (1990) will be used here to describe performance on this task. Modulation preservation measurements are based on the work of Zwicker and Schorn (1982) and have been used more recently by Bacon, Lee, Peterson, and Rainey (1997) and Bacon and Lee (1997) , although the latter investigators refer to these measurements as "MUD" (modulated-unmodulated difference). Modulation preservation, depending upon how it is applied, may or may not be deemed a true measure of temporal resolution in that it could incorporate or ignore across-channel processing, depending upon the bandwidth of the modulated noise (e.g., comodulation masking release, CMR). Still, modulation preservation measurements capture some aspects of temporal processing, especially with 100% intensity-modulated noise, because forward and backward masking will act to "fill-in" the troughs in the modulated noise, especially at higher modulation frequencies. Moreover, these measurements may be sensitive to other factors, such as elevated quiet thresholds or background noise, that could "fill-in" the troughs of the modulated noise.
Modulation preservation was used in this study, rather than one of the other measures of temporal processing, because it is a psychoacoustic method analogous to the acoustical measure that has been employed successfully in the Speech Transmission Index (STI; Steeneken & Houtgast, 1980) for evaluating the effect of room acoustics on speech-recognition performance. Similar to modulation preservation, the procedure for calculating the STI uses an amplitude-modulated noise signal (because of its obvious similarity to the amplitude-modulated speech signal) that is delivered into a room, and at some other location in the room acoustical measures of the noise will determine how well the modulations in the noise were preserved (Houtgast & Steeneken, 1985) . Ambient noise and reverberation should act to fill in the troughs of the noise acoustically much the same as hearing loss and forward masking affect the noise perceptually in the modulation preservation paradigm.
Method Participants
The 28 participants in the study made up three groups: (1) 8 young listeners with normal-hearing (YNH), between the ages of 22 and 24 years (M = 23.1 years); (2) 8 listeners who were elderly and normal hearing (ENH), between the ages of 67 and 81 years (M = 72.1 years); and (3) 12 listeners who were elderly and hearing impaired (EHI), between the ages of 68 and 81 years (M = 73.1 years). Normal hearing was defined as pure tone air-conduction thresholds of less than or equal to 20 dB HL (ANSI, 1996) for octave frequencies 250 through 4000 Hz, a normal tympanogram in the test ear, and no significant otologic history. The participants with hearing impairment were restricted to those with sensorineural hearing loss, a normal tympanogram in the test ear, and no significant otologic history. The hearing thresholds for all participants in the ENH and EHI groups were measured at octave frequencies 250 through 8000 Hz, and their thresholds are recorded in Table 1 . The hearing of the participants in the YNH group was screened to assure that hearing was better than or equal to 20 dB HL at octave frequencies 500 through 4000 Hz. (ANSI, 1996) for the elderly participants with normal hearing (ENH) and elderly participants with hearing impairment (EHI). As a result, their hearing thresholds are not recorded in Table 1 . Actual thresholds were later measured for 6 of the 8 YNH participants (range is illustrated in Figure 1 at each of the four test frequencies). Note in Table 1 that although the hearing thresholds for the ENH participants meet the criterion for normal hearing through 4000 Hz, only 2 of the 8 meet that criterion at 8000 Hz, and even at the lower frequencies they exhibit thresholds toward the upper limit of normal. It should also be noted that all of the 8 participants in the ENH group were female and that these listeners have normal hearing (below 4 kHz) referenced in dB HL, not merely "normal for their age." As a result, these are extraordinary listeners who may or may not be deemed "normal" by other judgment criteria. All participants were paid for their participation in the study.
Stimuli
Pure tone signals at frequencies of 500, 1000, 2000, and 4000 Hz were generated digitally at a sampling rate of 20 kHz using a 16-bit digital-to-analog converter. The masker was 100% sinusoidal intensity-modulated (SIM) noise that was created by squaring a pure tone and then multiplying it by a Gaussian white noise. The unmodulated noise and seven SIM noises with modulation frequencies (fmods) of 0.5, 1, 2, 4, 8, 16, and 32 Hz were recorded on digital audio tape (DAT). Two types of speech materials were also recorded on DAT. One of the materials consisted of nonsense syllables taken from the City University of New York Nonsense Syllable Test (CUNY NST; Resnick, Dubno, Hoffnung, & Levitt, 1975) . NST Forms 3, 4, 5, and 6 (full, 11 subtest-102 items per form) were used. The second type of speech stimulus was a subset of the Harvard Sentences (Egan, 1948) . One hundred sentences spoken by a male talker were divided into three lists of 32 sentences each-in terms of the intelligibility or difficulty of the sentence, as determined by Karl and Pisoni (1994) . Each sentence has five key words that are used in scoring; that is, a score is obtained for each list by counting the number of key words correctly identified from the 160 total number of words (32 × 5).
Thirty-minute samples of the modulated and unmodulated noises, and each of the speech materials (CUNY NST and Harvard Sentences), were then played back and re-recorded in three rooms of varying reverberation: an anechoic chamber, a reverberant chamber, and an intermediate reverberant condition that was created in the reverberant chamber by placing absorbent foam panels throughout the room, thus reducing the reverberation time. Reverberation times were measured in each of the three room conditions and are provided in Table 2 . All stimuli were recorded at a distance greater than the critical distance (distance at which the intensity of the direct sound is equal to that of the indirect sound) in each of the reverberant rooms in order to assure that the stimuli were recorded in a diffuse field (one not dominated by direct sound). This was not applicable to the anechoic chamber, because, at least theoretically, there is no diffuse field in an anechoic enclosure.
The original master productions of each of the noises and speech materials were played from a Digital Audio Tape (DAT) deck (Technics SV-DA10). The signal was then amplified (Crown D75) and presented in the soundfield by a loudspeaker (Realistic Minimus-7). The voltage of the signal at the output of the amplifier was monitored to assure that the same signal level was presented in each of the rooms. As a result, the level of the final recorded materials was greater in the reverberant room than in the intermediate room (-6 dB re: reverberant room), which, in turn, was greater than in the anechoic room (-12 dB re: reverberant room), just as would occur naturally. The recording apparatus consisted of a half-inch microphone (Etymotic Research ER-11) placed in a Zwislocki coupler in the Knowles Electronic Mannequin for Acoustic Research (KEMAR). The center of KEMAR's head was 2.25 meters from the loudspeaker and at an azimuth and elevation of 0 degrees. The recordings were made through the left ear of KEMAR with the digital inverse filter of the microphone preamplifier activated so as to subtract KEMAR's diffuse field ear canal response from the recordings. The signal then passed through another preamplifier (Shure M267) and was then recorded again on DAT (Panasonic SV-3500).
Procedure
Participants were seated in a sound-attenuating room in front of a computer monitor and keyboard. Masked pure tone thresholds were measured using the derived-MTF method (see Scott & Humes, 1990 , for a comparison of this method to other methods of measuring Modulation Transfer Functions). Listeners were asked to detect the presence of a pure tone signal that was masked by a continuous 100% intensity-modulated noise. Thresholds were measured in a steady-state (unmodulated) noise and in modulated noises as a function of modulation frequency (fmod). The measurement of these masked thresholds allows for the calculation of the modulation index (m), which can be thought of simply as the difference between the listener's threshold for the stimulus at the noise peak (or, in this case, the unmodulated noise) and the threshold for the stimulus at the noise trough (for modulated noises). A modulation transfer function (MTF) is then defined by plotting m as a function of the modulation frequency, and the resulting function is frequently described in terms of a low-pass filter. It is important to note, as pointed out by Scott and Humes (1990) , that the resulting MTFs and low-pass filters for modulation preservation are not expected to be the same as those derived from modulation detection.
The pure tone signals were generated by the computer, and the noise was played from the DAT. The pure tone stimuli and noise maskers were then mixed and delivered to a single insert earphone. The ear with the better hearing was selected as the test ear unless hearing was the same in both ears, in which case participants were asked for their preference. The same ear was used as the test ear throughout the study. All of the stimuli in all phases of the study were delivered to the listener via ER-3A insert earphones with foam eartips, and the nontest ear was always occluded with a foam earplug. All stimulus levels are specified as sound pressure levels (SPLs) generated in a type HA-2 2-cm 3 coupler using the calibration method recommended for these Table 2 . Reverberation times (T 60 s) in seconds as measured for octave frequencies 500 through 4000 Hz in each of the reverberant conditions. Values in parentheses represent the critical distance, in meters. insert earphones by Frank and Richards (1991) . The level of the noise masker was calibrated to an rms level of 75 dBC by using the unmodulated noise (peaks of the unmodulated noise equivalent to the peaks of the SIM noise).
The level of the pure tone signal was varied adaptively using a 3-down, 1-up paradigm (3 consecutively correct responses for a step down in level; 1 wrong response for a step up in level) to target the 79% correct point on the psychometric function (Levitt, 1971) . The initial step size was set at 6 dB for the first three reversals, after which the step size was 2 dB. The first four reversals were excluded from the calculation of the average threshold. Seventy presentations of the signal (typically yielding 10 to 12 reversals) constituted one run, and each run resulted in an average threshold value and standard deviation for that run, as calculated by the value at each reversal. A final threshold value for that condition (for a specific fmod, signal frequency, and room condition) was the mean of three consecutive runs for which (a) the standard deviations of each individual run were less than 3 dB, and (b) the standard deviation of the average threshold for those three runs was less than 3 dB. If the standard deviation was greater than 3 dB for either case, then additional runs were completed until three consecutive runs met these criteria. Typically, only three runs were required to obtain each threshold value.
Masked thresholds for pure tones of 500, 1000, 2000, and 4000 Hz were obtained in each of the seven modulated noise conditions (fmod of 0.5, 1, 2, 4, 8, 16, and 32 Hz) and the unmodulated noise condition. This process was repeated three times, once for each of the three acoustic environments. Therefore, 96 masked thresholds were measured for each of the 28 participants.
The CUNY NST and Harvard Sentences that were recorded in each of the three rooms were presented in quiet (no masker) to each of the 28 participants. Each of these speech materials was presented via an insert earphone to the listener at an overall rms level of 75 dBC for the anechoic condition (all playback levels specified as SPLs generated in a 2-cm 3 coupler). The materials for the intermediate and reverberant conditions were presented to the listener at somewhat higher levels (81 and 87 dBC, respectively), just as would occur naturally because of the reverberation in the room. For the sentence materials, each participant heard a different list of sentences for each of the room conditions. In addition, the specific list that each participant was to receive for each of the room conditions was varied between listeners so that an approximately equal number heard each of the lists in each of the acoustic environments. For the CUNY NST materials participants were asked to circle the correct response from among a closed set of alternatives listed in a test booklet. For the Harvard Sentences the participants were asked to repeat each sentence, and the examiner then scored the administration by marking the number of key words correctly identified.
It should be noted here that the modulated noise used for measuring modulation preservation was white Gaussian noise and not speech-shaped noise, even though this measure will be used later for evaluating its contribution to speech-recognition performance. Considering that speech levels are 75, 81, and 87 dBC for the anechoic, intermediate, and reverberant conditions, respectively, but the modulation preservation measures (to be used for predictions) are only obtained at 75 dBC, given time constraints it was decided to use white noise to grossly approximate the lower-frequency spectrum levels of speech at the 75 dBC level and the high-frequency spectrum levels of the speech signal at 87 dBC. The latter was important given that the participants in the EHI group typically have sloping high-frequency hearing losses, and use of a speech-shaped spectrum would have ruled out the possibility of obtaining measures of modulation preservation in the high frequencies that weren't completely dominated by the hearing loss.
Results

Aging, Hearing Loss, and Modulation Preservation
As discussed earlier, the m values used to define an MTF are merely values that express the difference between the threshold obtained at the peak of the modulated noise (or equivalently, the unmodulated masked threshold) and the threshold at the trough of the modulated noise (or modulated masked threshold). An MTF, then, is made up of multiple m values and is converted into a single value by averaging the differences between the unmodulated masked threshold and modulated masked threshold for each modulation frequency. After initially exploring the use of MTFs with all groups of participants, it was apparent that this approach was invalid for ENH and EHI participants. A simpler metric, the mean difference in unmodulated and modulated thresholds across modulation frequency, or D b , was adopted for use here. This is similar in concept to the temporal resolution metric described by Zwicker and Schorn (1982) , although their measure made use of just one modulation frequency and the MUD metric described by Bacon and colleagues (Bacon et al., 1997; Bacon & Lee, 1997) .
The mean pure tone thresholds masked by unmodulated and modulated maskers recorded in the anechoic condition are displayed in Figure 1 for the YNH, ENH, and EHI groups. In addition, the mean D b values are reported for each acoustic environment and all test frequencies in Table 3 . The lines found in Figure 1 are predictions that will be discussed later. In general, D b is largest for the YNH group and smallest for the EHI group, especially at the higher frequencies, apparently reflecting the high-frequency hearing loss of the latter group. Note also that D b decreases as the acoustic environment becomes more reverberant. Both hearing loss and reverberation appear to fill in the troughs of the SIM noise, reducing the size of D b . To illustrate the effect that reverberation has upon modulation preservation, Figure  2 shows the mean D b values for the YNH group plotted as a function of the reverberation time for each frequency region in each of the reverberant conditions. Again, note the dependence of D b on reverberation time, which supports the sensitivity of this psychoacoustic measurement to the "temporal smearing" as a consequence of reverberation.
Using D b , it is now possible to evaluate the relationship between aging and modulation preservation. To examine for age effects, only data obtained from the YNH and the ENH groups were used in the analyses, because these two groups differ in age, but both groups exhibit hearing within normal limits, at least through 4 kHz. The top panel of Figure 3 Figure 3 clearly illustrates these effects and also suggests that, in general, D b is smaller for the old than the young listeners at all frequencies and smaller at 500 Hz than at the higher frequencies for both groups. This is consistent with the MUD data of Bacon and Lee (1997), which also suggest smaller differences or less modulation preservation at low frequencies than at high frequencies.
To further examine the effects of age on modulation preservation, correlational analyses using the two normal hearing groups (YNH and ENH) were completed. Only one significant correlation was found between age and D b at any frequency. At 2000 Hz, the correlation between D b and age was 0.67 (p < 0.05).
Next, the relationship between hearing loss and modulation preservation was evaluated using only the ENH and EHI groups, because they differ in hearing sensitivity but not age. The bottom panel of Figure 3 shows the individual and average D b values for the ENH and EHI participants. A two-way ANOVA was performed to examine the effects of hearing loss (ENH vs. EHI) and signal frequency on D b . A significant (p < 0.05) effect of group was found [F(18, 1) = 33.48], as well as a significant within-subject effect of frequency [F(54, 3] = 8.88] and a group-by-frequency [F(54, 3) = 10.66] interaction. These effects are apparent in the data displayed in the bottom panel of Figure 3 . A significant effect between groups is entirely expected as an elevation in quiet threshold will also affect masked threshold for the modulated, and possibly unmodulated, noise maskers. The main effect of frequency and the interaction between group and frequency are also anticipated because the listeners with hearing impairment generally exhibit a sloping high-frequency hearing loss, thereby affecting D b values in high-frequency regions to a greater extent than in low-frequency regions. Given the presence of a significant interaction, a post hoc analysis of simple main effects using Tukey's simultaneous test procedure found statistically significant differences in D b between the ENH and EHI groups at all four test frequencies.
Correlational analyses found a strong relationship between hearing loss and D b
, with correlation coefficients of -0.88 at 500 Hz, -0.91 at 1000 Hz, -0.96 at 2000 Hz, and -0.95 at 4000 Hz. Again, this is anticipated because of the obvious influence of elevated quiet thresholds on masked thresholds, especially in modulated noise.
Another analysis of the importance of hearing loss on modulation preservation used the Modified PowerLaw (MPL) model described by Humes et al. (1988) and Humes (1990) , which has been applied to masking additivity in normal-hearing and hearing-impaired ears. By modeling the listener's hearing loss as a separate noise source, the MPL has been effective in accounting for much of the psychophysical data from sensorineural hearing-impaired listeners, including measures of modulation preservation (Humes, 1990) . The MPL was used in this analysis to see if the masked thresholds of the EHI participants could be described by combining the masked thresholds of the YNH group with the quiet thresholds of the EHI group. Only the mean data were used. This analysis would take into account the processing abilities of the young listeners and the hearing loss of the elderly listeners, but not any age-related or pathology-related processing deficits of the latter. Therefore, if older people have age-related processing deficits, the MPL model predictions would not be expected to provide a good fit to the data. The MPL model took the form of Y = [X 1 P + X 2 P -X QT P] 1/P , where Y is the intensity associated with the predicted masked threshold, X 1 is the intensity associated with the masked threshold of the YNH group, X 2 is the intensity corresponding to the quiet threshold of the EHI group, and X QT is the quiet threshold of the YNH group. It is important to include X QT in the equation because of the nonlinearity in the loudness growth function near threshold. Figure 1 illustrates the results of this analysis for the anechoic condition. The solid lines represent the MPL predictions for the ENH and EHI groups. Clearly, the MPL predictions provide a very accurate estimation of the EHI masked thresholds, as indicated by rms errors for the fits of less than 2 dB in all cases. These results would suggest, again, that the performance of the participants who were elderly with hearing impairment can be predicted simply by taking into account the listener's hearing loss.
The MPL model was also applied to the ENH group, to determine whether the slight elevations in their quiet thresholds could underlie the significant difference in D b between the ENH and YNH groups. Note in Table 1 that although the participants in the ENH group exhibited hearing within normal limits up to 4 kHz, their thresholds tended to be toward the upper boundary of normal. Again looking at Figure 1 it can be seen that the mean masked thresholds of the ENH group are slightly elevated from those of the YNH group. This difference is reflected in the D b measure and results in the significant age effect on D b reported previously. Clearly, the MPL predictions do a good job of estimating ENH masked thresholds (rms error < 1 dB), suggesting that the significant age effect found previously is probably due to the slight elevation in hearing thresholds for the ENH group. This supports the findings of Takahashi and Bacon (1992) , who found that slight differences in sensitivity to amplitude modulation between similar ENH and YNH groups could be accounted for by slight differences in hearing thresholds.
Aging, Hearing Loss, and Speech-Recognition Performance
Mean speech-recognition performance (and standard deviations) for all three groups under each condition for both speech materials are reported in Table 4 . The percent-correct scores for each listener and each speech material were arcsin transformed before the analysis to stabilize the error variance (Kirk, 1990) .
As was done in the previous section with modulation preservation, two separate analyses of the effects of aging and hearing loss on speech-recognition performance were completed using two-way ANOVAs, and the results of these analyses are summarized in Table 5 . The significant effect of group in each of the contrasts suggests that speech-recognition performance is affected by both age and hearing loss, although, as with modulation preservation, it will be shown that the age effect is associated with slight differences in hearing, at least for some of the speech recognition conditions. The significant effect of condition in all contrasts is not surprising, because it is anticipated (and documented) that all listeners experience greater difficulty in reverberation. The significant interaction between group and condition when comparing the ENH and EHI groups suggests the need for further analysis. Results of analysis of simple main effects for both speech materials were completed using Tukey's simultaneous test procedure. Statistical significance was found between the ENH and EHI groups for each of the three acoustic conditions and for both the NST and Harvard Sentence materials, with the exception of the reverberant condition for the Harvard materials. Note in Table 4 that the performance of both groups approaches 0% correct in the reverberant condition, causing the reported absence of statistical significance.
The importance of hearing loss on speech-recognition performance is illustrated further in Figures 4 and 5, which relate speech-recognition performance (for the ENH and EHI groups only) on the CUNY NST and the Harvard Sentences, respectively, to hearing threshold. For the ENH and EHI listeners, it is apparent from these plots that speech understanding is affected greatly by the reverberant condition (visual separation of circles, triangles, and squares in each panel) and that within each reverberant condition performance is affected largely by hearing threshold (correlations in each panel). Correlational analyses reported generally statistically significant correlations, somewhat higher for the NST (Figure 4 ) than for the Harvard Sentences ( Figure 5 ). All correlations involving the NST were statistically significant, whereas 9 of the 12 reported for the Harvard Sentences were significant. The somewhat lower correlations for the sentence materials could be due to the steep performance-intensity function typical of highcontext sentence-based speech materials or the fact that any one particular frequency may not be maximally important to sentence recognition, given the high contextual information. It may also be attributed to floor effects, particularly in the reverberant condition.
Modulation Preservation and SpeechRecognition Performance
Given the results of the previous analyses, which demonstrated a relationship between hearing loss and modulation preservation and between hearing loss and speech-recognition performance for the two older groups, it should not be too surprising to find a relationship between modulation preservation and speech-recognition performance. This would be of particular interest given that it has been suggested that speech understanding is affected by the listener's temporal processing. Figure 6 plots speech-recognition performance against the average D b value (average for 0.5, 1, 2, and 4 kHz) from each condition and group. The data illustrate a close association between D b and speech recognition. In general, as D b increased, so did speech-recognition performance across all conditions and groups.
Predicting Speech-Recognition Performance
If individual differences in age, hearing loss, and/or modulation preservation underlie individual differences in speech-recognition performance, then it should be possible to predict speech-recognition performance, given these variables. This is a problem ideally suited for stepwise multiple-regression analyses. In stepwise multiple regression, each independent variable is evaluated to see which contributes most to describing the variability in the data. That variable is entered into the regression equation first. Then, the remaining variables are evaluated to see which contributes the most to describing the residual variability. This eliminates problems of multicollinearity. This continues until a criterion is reached for which none of the remaining variables contribute significantly to the equation.
In addition to those predictor variables just mentioned, the masked thresholds for the unmodulated noise at each signal frequency were also included in the regression analyses. These thresholds are proportional to critical ratios in that they represent the threshold for a pure tone in the presence of broadband masking noise (Hawkins & Stevens, 1950) . They could also be interpreted as a measure of general processing efficiency in noise (Patterson, 1976) . It should be noted here that the preceding statement is true only when the threshold is indeed determined by the masking noise and not by the elevated hearing threshold. This is not the case for every participant in this study at every signal frequency (refer to Table 1 and Figure 1) . A stepwise multiple-regression analysis was performed on each of the speech-recognition measures in each of the reverberant conditions for the 20 participants who are elderly (8 ENH and 12 EHI). The independent variables that were considered were age, quiet hearing threshold at each of the four frequency regions, D b values from the anechoic condition for each frequency, and the unmodulated masked threshold in the anechoic condition for each frequency (13 independent variables in all). Table 6 reports the order in which the independent variables entered the regression equation, along with the cumulative proportion of variance accounted for by the variable(s). Notice that quiet threshold, typically for one of the higher frequencies where speech intelligibility is weighted more heavily, is the first variable entered into the equation in every case but one, signifying that it accounts for the greatest proportion of the variance (see also Marshall & Bacon, 1981) . Both D b and masked threshold for unmodulated noise, however, also enter the equation for several conditions and account for additional variance, especially for the CUNY NST materials. Of particular interest is that age never enters into the regression equation. Considering that the young group is not included in these analyses, this could be due in part to the narrow age range found in the elderly groups (67-81 years).
Also of interest is the fact that much more of the variance can be accounted for by these variables with the NST speech materials than with the Harvard Sentences materials, in all three reverberant conditions. This may merely reflect that performance for sentence materials is influenced much more by certain lexical and talker characteristics (e.g., higher proportion of function words to content words, word frequency, and talker specific characteristics; see Bradlow & Pisoni, 1994) than it is for nonsense syllables. It may also reflect lower testretest reliability commonly observed for open-set sentence materials. Lower reliability means less systematic variance and, therefore, less variance than can be accounted for by the predictor variables. The proportion of variance accounted for when predicting performance on the CUNY NST is excellent, whereas that for performance on the Harvard Sentences is not nearly so high.
If such a high proportion of variance in listener performance on a speech-recognition task can be accounted for by the variables mentioned, it should be possible to predict speech-recognition performance by taking into consideration the values for each of the variables for individual listeners. The regression equation takes the form of:
where y′ is the predicted value, in this case the listener's speech-recognition score, a is a constant (y-intercept), b n is a regression coefficient, and x n is the value of each of n independent variables for a given listener. is the listener's D b value at 4000 Hz (refer to Table 6 ). As reported earlier, these three variables account for 83% of the individual variance in performance on the NST in an anechoic environment.
As can been seen from the previous calculations (and from Table 6 ), it appears as though it is only necessary to measure four variables for any given listener in order to quite accurately predict speech-recognition performance. Two of these variables are measures that are routinely obtained in any audiologic evaluation (quiet threshold at 2000 and 4000 Hz), whereas the other two measures (unmodulated threshold at 500 Hz and D b at 4000 Hz) would require additional time and effort to obtain. However, it may be possible to predict speech-recognition performance from audiometric thresholds alone. Earlier it was shown that the masked thresholds in the listeners with hearing impairment could be very accurately predicted from the masked thresholds of listeners who are young and have normal hearing and the quiet thresholds of the listeners who are elderly and hearing impaired using the MPL model. The MPL model could be used to estimate the unmodulated masked threshold at 500 Hz, as well as the unmodulated and modulated masked thresholds at 4000 Hz that are required to derive the D b value. This has very obvious application to audiometric evaluation of patients who are hearing impaired, in that only pure tone thresholds at 500, 2000, and 4000 Hz would be necessary to predict the listener's speech-recognition score, a measure that is also an integral part of routine audiometric evaluation. Any observed score that did not fall within the 95% confidence interval of the predicted score would be evidence of a disproportionate speechrecognition deficit. These methods could also be useful for predicting benefit from amplification, simply by altering the listener's pure tone thresholds by the amount of the actual or prescribed insertion gain for each frequency and then recalculating the predicted score. One limitation, however, is that these predictions would best be made for anechoic listening, because any predictions in reverberation would be limited to rooms with acoustical properties similar to those of the intermediate and reverberant conditions used in this study. Listening was also done in quiet, and predictions may not be made for performance in noise. Perhaps a more serious limitation of this approach lies in the use of an average p value for the MPL model needed to make such predictions given expected individual differences in p.
As just mentioned, it has been shown that the MPL model is capable of very accurately predicting a masked threshold of a listener who is hearing impaired on the basis of his/her quiet threshold and a masked threshold from an average listener with normal hearing. However, the variance in the p values may be quite large (range of 0.33 to 0.87 in Figure 1 for EHI). It is clear that p varies considerably across condition and listener. This could make it difficult to generalize the use of the MPL in predicting a masked threshold required by the regression equation. To further investigate this issue, the observed speech-recognition scores on the NST in anechoic and reverberant conditions for the 20 elderly listeners (ENH and EHI) were compared to the scores that would be predicted for each listener by the regression equation. The results are shown in Figure 7 . As mentioned previously, only quiet threshold at 2000 Hz, unmodulated masked threshold at 500 Hz, and D b at 4000 Hz are required of each listener to make these predictions. The top panel illustrates the results when using actual measures of these variables, whereas the bottom panel shows the results of using MPL-predicted values of masked threshold and D b as determined with an average p value of 0.3. Both plots suggest a strong association between observed and predicted scores and should, therefore, provide reasonable estimates of actual performance, although use of actual data (top panel) results in slightly more accurate predictions. 
Discussion
The purpose of this study was to investigate speech understanding in elderly listeners and the relative contributions of hearing loss and age to the understanding of reverberant speech. In the process, the effects of hearing loss and age on modulation preservation were also assessed, along with the relationship between modulation preservation and speech-recognition performance.
First, regarding the effect of age and hearing loss on measures of modulation preservation, significant group differences between the YNH and the ENH groups-groups that have hearing within normal limits and differ primarily in age-suggest that age does affect modulation preservation. Still, the strong association between hearing loss and modulation preservation, combined with the evidence that even slight elevations in hearing threshold can have a negative effect upon modulation preservation measures, diminishes the significant age differences. This does not eliminate the possibility of age effects upon other measures of temporal processing (e.g., duration discrimination; Fitzgibbons & Gordon-Salant, 1994 .
Second, the study also sought to examine the effects of age and hearing loss on the speech-recognition performance of elderly listeners. Significant between-group differences in speech-recognition performance suggest that age and/or hearing loss do have an effect. Speechrecognition performance was significantly poorer for the EHI group than for the ENH group, which in turn was significantly poorer than the YNH group. This would suggest that both age and hearing loss affect performance. However, just as discussed previously, the slightly elevated hearing thresholds of the ENH subjects relative to the YNH subjects may account for at least some of the age differences in speech-recognition performance as well. Multiple regression analysis found that hearing loss affected speech-recognition performance under almost every listening condition, with modulation preservation measures and masked threshold (processing efficiency in noise) also contributing to performance. Age was not found to significantly contribute to explaining a listener's speech-recognition performance among elderly listeners. This, at first, appears to be in disagreement with recent studies that demonstrate an age effect (Gordon-Salant & Fitzgibbons, 1993 , 1999 . However, these studies have used various temporally distorted speech and nonspeech signals and have found age effects primarily in the more complex stimulus conditions. In addition, failure to see a contribution of age in the regression analyses could be due to the narrow age range in the two elderly groups.
In conclusion, results of this study support the findings of previous studies (e.g., Humes et al., 1994 ) that indicate hearing loss to be the factor that has the greatest effect upon a listener's speech understanding ability, particularly for elderly listeners in quiet, anechoic listening conditions. Age plays a much smaller role. Still, suprathreshold deficits in temporal and/or spectral processing, which may be tied to age, also contribute to a lesser extent. 
